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[57] ABSTRACT 
A modem/codec is designed for a digital signal trans 
mission system using a single satellite transponder. The 
system is capable of transmitting data of a rate of 155.52 
Mbps, and is thus compatible with the BISDN rate. A 
codec of rate 13/15 is used, and an octal phase shift 
keying modem is also used. In this way, the digital 
signal transmission system is capable of receiving data 
at a rate of 155.52 Mbps over a single INTELSAT 
V/V A transponder with a usable bandwidth of 72 
MHz. 

3 Claims, 10 Drawing Sheets 
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BISON COMPATIBLE MODEM CODEC FOR 
DIGITAL INFORMATION COMlVIUNICATION 

SYSTEM 

FIELD OF THE INVENTION: 

The present invention relates to the ?eld of digital 
information communications systems and, more speci? 
cally, to such systems involving the use of satellites. 
Even more speci?cally, the invention relates to such 
systems compatible with both satellite environments 
and ?ber optic communication system environments. 

BACKGROUND OF THE INVENTION: 

Digital signal communications systems using satellites 
as the means for relaying the information are well 
known. Before being transmitted, the digital informa 
tion is ?rst subjected to a coding operation for error 
correction purposes (redundant check bits are added to 
the digital information). Also, the digital information is 
subjected to modulation to form channel symbols to 
increase the signal-to-noise ratio of the information and 
to increase the number ofl‘information bits conveyed by 
each channel symbol. 
A typical example of a known system using Coded 

Phase Shift Keying (CPSK) as the coder/modulator is 
shown in FIG. 1. An information sequence of a known 
data rate (for example, in Mbps) is input to a serial-to 
parallel converter 100, where the input information 
sequence is divided up into a number of parallel groups 
of information bits. In FIG. 1, the number of groups is 
equal to 111. Then, these parallel groups of information 
bits are input to m individual encoders 101 (encoders 
C1—Cm). Then, the outputs of the individual encoders 
101 are sent to a mapper 102 which maps the encoded 
information to create channel symbols for transmission 
over a communications channel. The symbols from 
mapper 102 are used by modulator 103 to provide a 

20 

25 

carrier having a different phase for each symbol, the - 
selected phase being dependent upon the output of map 
per 102. 
Also well known, 'is the decoder/demodulator ar 

rangement of FIG. 2, which is the counterpart of the 
encoder/modulator arrangement of FIG. 1. In FIG. 2, 
the received channel symbols (after PSK demodulation) 
are input to individual decoders 201, where the informa 
tion is decoded in a well known fashion and sent to 
parallel- to-serial converter 202, where the information 
is recombined into a serial digital information data 
stream. In this way, the information sequence which 
was originally input to serial-to-parallel converter 100 
of FIG. 1 is substantially recovered at the output of 
parallel-to-serial converter 202 of FIG. 2. 

In the above-described FIGS. 1 and 2, the speci?c 
rates of the encoders/decoders are chosen in order to 
accommodate an expected information sequence bit 
rate. For example, in FIG. 1, if an information sequence 
bit rate of 100 Mbps is expected, the serial-to-parallel 
converter 100 could be set to divide the information 
sequence into, for example, m=10 parallel bit streams, 
each bit stream having 10 Mbps as a data rate. Then, at 
the parallel-to-serial converter 202 of FIG. 2 at the 
receive end, the information would be recombined into 
the original 100 Mbps data rate. 
An alternative to sending information by satellite is 

the use of an optical network, for example, a ?ber optic 
network. The synchronous optical network (SONET) 
is a family of interfaces for use primarily in optical net 
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2 
works. The SONET standard is designed to specify 
how optical signals would be transported between a 
number of different vendors’ equipment and networks. 
The SONET standard, among several other speci?ca 
tions, provides an interface to broadband integrated 
digital networks (B-ISDN). B-ISDN provides broad 
band services, such as broadcast TV, high de?nition 
TV, transmission of database ?les at a high data rate, 
etc. The standard line bit rate of CO3 (Optical Carrier 
Level 3) in the SONET hierarchy is 155.52 Mbps (R. 
Ballart and Y-C Ching, “SONET: Now It’s the Stan 
dard Optical Network”, IEEE Communications Maga 
zine, March 1989.), which equals the standard bit rate 
for B-ISDN. 
Given the high reliability of satellites, it is to the 

advantage of network operators to have available B 
ISDN compatible economical links via the INTELSAT 
satellite system, by using only one 72 MHz transponder. 
Such satellite links can interconnect B-ISDN networks 
and, furthermore, can provide early introduction of 
B-ISDN prior to completion of the entire terrestrial 
network. Moreover, in optical ?ber networks, satellites 
can also act as a “safety valve”. That is, in the case of 
?ber failure network congestion, traf?c can be bypassed 
through a satellite channel on a demand-assigned basis. 

Current INTELSAT V/V A TDMA links use QPSK 
modulation, with a transmission rate of 60 Msymbol/s. 
The INTELSAT V/V A system has a transponder fre 
quency spacing of 80 MHz, and a usable bandwidth of 
72 Mhz per transponder. Channel symbol rates higher 
than 60 Msymbol/s can result in considerable degrada 
tion in the bit error rate (BER) performance, because of 
the intersymbol interference (ISI) generated by satellite 
multiplexing ?lters and adjacent channel interference 
(ACI) from the adjacent transponders. With a forward 
error correction coding (FEC) of rate 7/8, the band 
width ef?ciency of the QPSK TDMA system is about 
1.31 bits/s/Hz of the allocated bandwidth. 
A recently developed coded octal phase shift keying 

(COPSK) modern, with a transmission rate of 60 Msym 
bol/s, supports an information rate of 140 Mbps, and has 
been ?eld tested to demonstrate restoration of the 
TAT-8 ?ber optical cable by satellite. The implemented 
140 Mbps modem/codec consists of a 16-state trellis 
code of rate 7/ 9 and an octal PSK (OPSK) modem (F. 
Hemmati and R. Fang, “Low Complexity Coding 
Methods for High-Data-Rate Channels”, Comsat Tech 
nical Review, Vol. 16, No. 2, Fall 1986, pp. 425-447). 
Bandwidth ef?ciency of the 140 Mbps COPSK system 
is 1.75 bits/s/Hz of the allocated bandwidth, which is 
an improvement of 33% over the bandwidth ef?ciency 
of the QPSK TDMA system. 

Coded OPSK Modulation Techniques 

The area of power and bandwidth ef?cient coded 
modulation techniques has been of great research inter 
est for several years. In addition to the class of coded 
continuous phase frequency shift keying (CPFSK) 
modulation schemes, research in this area has focused ' 
on two closely related directions now known as Unger 
boeck codes and Imai-I-Iirakawa codes. 

Ungerboeck Codes 
In 1982 Ungerboeck introduced the concept of “set 

partitioning” and applied this idea to construct band 
width ef?cient trellis codes (G. Ungerboeck, “Channel 
Coding with Multilevel/Phase Signals”, IEEE Trans 
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actions on Information Theory, Vol lT-28, No. l, Janu 
ary 1982, pp. 55-67.). A properly designed trellis code 
can provide signi?cant coding gain over an uncoded 
modulation system with little or no bandwidth expan 
sion. Coding gains of about 3 dB can be readily 
achieved with a low complexity decoder at the expense 
of a more complicated modern. An Ungerboeck coded 
system consists of a convolutional encoder and a signal 
mapper at the transmit end and a demodulator followed 
by a Viterbi algorithm processor at the receive end. The 
encoder and the mapper are designed to yield maximum 
power ef?ciency. Complexity of hardware implementa 
tion of the decoder for Ungerboeck codes depends on 
the required operating speed, the number of encoder 
states, and the code rate R=k/n. The code rate must be 
selected to minimize the complexity of branch metric 
computations. Although the theory and practice of 
multidimensional trellis codes are now mature (L. F. 
Wei, “Trellis-Coded Modulation with Multi-dimen 
sional Constellations,” IEEE Transactions on Informa 
tion Theory, Vol. IT-33, No. 4, July 1987, pp. 
483-501.), the decoder might become too complex if k 
and n are relatively prime and large numbers, e.g., 
k=31 and n=36. The multilevel coding method, pro 
posed in 1977 by Imai and Hirakawa, (H. Imai and S. 
Hirakawa, “A New Multilevel Coding Method Using 
Error-Correcting Codes”, IEEE Transactions on Infor 
mation Theory, Vol. IT-23, No. 3, pp. 371-377.) (K. 
Yamaguchi and H Imai, “Highly Reliable Multilevel 

' Channel Coding System Using Binary Convolutional 
Codes”, Electronics Letters, Vol 23, No. 18, August 
1987, pp. 931-933), is convenient for high speed imple 
mentation and, for a selected modulation signal space, 
allows a wide range for the code rate R. 

Imai-Hirakawa Codes 

In a multilevel/phase signal space the Euclidean dis 
tances between a particular signal point and the remain 
ing points in the signal set are not equal. The distance 
between adjacent signal points (e. g. aoand (11 in FIG. 3) 
is much smaller than the maximum distance between 
elements in the signal space, (e. g., a0 and :14). Therefore, 
more code redundancy must be allocated for encoding 
the adjacent signal points. Similarly, the information 
bits distinguishing between signal points far away from 
each other can be encoded by a high rate code or re 
main uncoded. Structure of the class of codes known as 
the Imai-Hirakawa codes is based on the above concept 
and they are generated by several encoders of various 
rates as indicated in FIG. 1. Low rate codes are used for 
encoding the adjacent symbols and high rate codes are 
selected for encoding the signal points located at a large 
distance from each other. For a signal space with 2'" 
elements, C,-=(n, k,-, d,-),l éiérn, constitute the set of m 
component block codes with a common code length n, 
where R: ki/n de?nes the code rate and d,- denotes the 
minimum Hamming distance for the ith code. Both 
block codes and convolutional codes can be used as the 
component codes. 

Generalized versions of the Imai-Hirakawa codes 
have been designed by Ginzburg (V. V. Ginzburg, 
“Multidimensional Signals for a Continuous Channel”, 
Problemy Peredachi Informatsii (Problems of Informa 
tion Transmission), Vol. 20, No. l, 1984, pp. 28-46), and 
Sayegh (S. I. Sayegh, “A Class of Optimum Block 
Codes in Signal Space” IEEE Transactions on Commu 
nications, Vol. COM-34, No. 10, October 1986, pp. 
1043-1045). In particular, Sayegh constructed speci?c 
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4 
block codes and explicitly exhibited the efficient multi 
stage decoding procedure of FIG. 2 using Ungerboeck’s 
set partitioning method. In the staged decoding proce 
dure, the most error prone information bits are esti 
mated ?rst, using a posteriori probabilities based on the 
received channel symbols and the code structure. These 
estimates are then used in later decoding stages to deter 
mine estimates for the successively less error prone 
information bits. 
Power and bandwidth ef?cient Imai-Hirakawa codes 

can be readily constructed, since the available optimum 
block/convolutional codes can be used as the compo 
nent codes, (K. Yamaguchi and H. Imai, “Highly Reli 
able Multilevel Channel Coding System Using Binary 
Convolutional Codes”, Electronics Letters, Vol 23, No. 
18, August 1987, pp. 931-933). More importantly, avail 
able high speed decoders can be used in the multi-stage 
decoding procedure. 

Despite the above advancements in satellite systems 
of the prior art, a satellite system compatible with the 
155.52 Mbps data rate of the optical SONET system has 
not yet been developed. As discussed above, such a 
system would be highly desirable in order to interface 
the satellite communications systems with the optical 
communications systems. 

SUMMARY OF THE INVENTION 

A purpose and object of the present invention is to 
develop a B-ISDN compatible modem/codec (modula 
tor/demodulator and coder/decoder) meeting the IN 
TELSAT V link requirements and speci?cations and 
supporting transmission of 155.52 Mbps (QC-3 of the 
SONET hierarchy) of data over a single INTELSAT 
V/V A transponder. 

Thus, the present invention involves the speci?c se 
lection of coder/decoder rates and modulation/ 
demodulation formats in order to accommodate the 
155.52 Mbps data rate of the optical SONET network. 
In the encoder, the 156 Mbps input stream is divided 

into four streams of 39 Mbps each. Each stream of 39 
Mbps is then divided into three streams of l5, l4 and 10 
Mbps, respectively. These last mentioned three streams 
are encoded by individual encoders in order to vary the 
amount of redundancy based on the signal space dis 
tance. Each of the three encoders outputs a stream of 15 
Mbps. An OPSK mapper then receives the three 15 
Mbps streams and converts them into a 15 Msymbol/s 
stream. The four 15 Msymbol/s streams are then com 
bined into a 60 Msymbol/s stream for transmission over 
the communications channel. Corresponding circuitry 
is included at the receive end in order to substantially 
reconstruct the input 156 Mbps data stream. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The details of the invention will become clear from 
the following detailed description of the preferred em 
bodiment in conjunction with the following ?gures: 
FIG. 1 shows a coded modulation system of the prior 

art; 
FIG. 2 shows a multi-stage decoding procedure of 

the prior art; 
FIG. 3 shows an OPSK signal space and its subsets; 
FIG. 4 shows a block diagram for the encoder of rate 

13/15 according to the present invention; 
FIG. 5 shows a block diagram for a decoder of rate 

13/ 15 according to the present invention; 
FIG. 6 shows a symbol metric for the ?rst decoding 

stage; 
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FIG. 7 shows a symbol metric for the second decod 
ing stage; v 
FIG. 8 shows a symbol metric for the third decoding 

stage; 
FIG. 9 shows a 32-level (5-bit) quasi-uniform quan 

tizer; 
FIG. 10 shows a 64-level (6-bit) quasi-uniform quan 

tizer; 
FIG. 11 shows an octal PSK signal space and the 

non-linear map of its subsets; 
FIG. 12 shows the bit error rate performance of the 

code of rate 13/15 over a non~linear satellite channel; 
and 
FIG. 13 shows the bit error rate performance of the 

coded OPSK modulation of rate 7/9 over an AWGN 
channel using a 64-level quantizer for received channel 
symbols. 

DETAILED DESCRIPTION OF THE 
PREFERRED EMBODIMENT 

The below-described invention relates to coding and 
modulation techniques which are devised and selected 
for transmission of 155.52 Mbps of data over a single 
INTELSAT V/V A transponder with a usable band 
width of 72 MHz. The proposed system consists of a 
multi-level encoder/decoder of rate 13/15 and an octal 
phase shift keying modem. In addition to meeting the 
INTELSAT V link requirements and speci?cations, the 
proposed system can operate in a fallback mode sup 
porting transmission of 140 Mbps while achieving a 
higher coding gain. Transmission at such rates via satel 
lite will ensure compatibility with broadband ISDN and 
hence secure a place for satellite transmissions in those 
standards. 

Transmission at 155.52 Mbps calls for a bandwidth 
efficiency of about 1.94 bits/s/Hz or an improvement of 
48% over the QPSK TDMA system. The required 
bandwidth efficiency cannot be achieved by QPSK 
modulation. Therefore, higher level modulation 
schemes such as OPSK or l6-ary signal constellations 
must be considered. The required bandwidth ef?ciency 
and power ef?ciency can be achieved by employing a 
powerful combined modulation and coding technique in 
which the code redundancy is embedded in a larger 
signal space than otherwise could be used in the un 
coded case. 

For a given information bit rate, fundamental param 
eters for a coded modulation system include the channel 
symbol rate, the code rate, R, the modulation scheme, 
and the expected error performance. For a selected 
signal space constellation, the code rate depends on the 
selected channel symbol rate and vice versa. 
Among several candidate modulation schemes, octal 

phase shift keying (OPSK) is selected as the modulation 
format, because of its constant envelope and the achiev 
able high power ef?ciency when combined with an 
appropriate code. 
A transmission symbol rate of 60 Msymbol/s is pre 

ferred because of the following reasons. The QPSK 
TDMA system is operating at this rate. Hence, the 
available subsystems such as transmit and receive ?lters, 
equalizers, etc. can also be used in the B-ISDN system, 
thus reducing the overall unit cost. High level modula 
tion schemes are sensitive to phase noise. Main sources 
of phase noise are the group delay distortion of pulse 
shaping and satellite multiplexing ?lters, AM/AM and 
AM/PM nonlinearities, residual phase modulation in 
high power ampli?ers (HPAs), and the carrier phase 
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6 
noise. Group delay distortion of ?lters can be almost 
perfectly equalized when the channel symbol rate is 60 
Msymbol/s or less. However, an equalizer for higher 
channel symbol rates might not perform as Well. 
A coded OPSK modulation of rate 31/36 can support 

transmission of 155 Mbps at a channel symbol rate of 60 
Msymbol/s. The throughput of the system can be in 
creased to 156 Mbps by using a code of rate 
39/45 = 13/15 . The extra 0.48 Mbps capacity of the 156 
Mbps channel can be used for synchronization purposes 
in various stages of the transmission link. 
The preferred embodiment of the present invention 

consists of a block/convolutional Imai-Hirakawa code 
of rate 13/15 with an asymptotic coding gain of 3.5 Db. 
This code can support transmission at 156 Mbps with a 
channel symbol rate of 60 Mhz. This code has a variable 
rate feature. That is, a codec implemented for transmis 
sion of 156 Mbps can also be used for transmitting 140 
Mbps data, as will be described below. 
FIG. 4 shows the encoder for the block/convolu 

tional code of rate 13/15 of the present invention. 
As shown in FIG. 4, an input data stream of 156 Mbps 

isprovided to a serial-to-parallel converter 401 Where 
the 156 Mbps stream is divided up into four parallel 
groups of 39 Mbps (4X39=156). Each of the four par 
allel 39 Mbps data streams are sent to a respective cod 
ing system, with each system comprising three separate 
encoders. The outputs of the three separate encoders 
are arranged in a three-row by ?fteen-column array. 
The ?rst row of the array is a block of ?fteen consecu 
tive encoded bits, generated at the output of a punc 
tured convolutional encoder 402A of FIG. 4 having 
rate % and constraint length 7. Encoder 402A takes in 10 
information bits and adds 5 more as redundant check 
bits. The tap connections for the original code of rate % 
and the puncturing map are de?ned by J. B. Cain, G. L. 
Clark, and J. M. Geist, “Punctured convolutional 
Codes of Rate (n- l)/n and Simpli?ed Maximum Like 
lihood Decoding,” IEEE Trans. Information Theory, 
Vol. IT.25, pp. 97-100, January 1979. 
The second row of the array is a single parity check 

code of length 15 and rate 14/15 obtained from encoder 
402B. Coder 402B takes in 14 information bits (of the 
39) and adds 1 additional check bit, to give a total of 15 
at the output of encoder 402B. The third row of the 
array is a block of 15 uncoded information bits, which is 
a code word in the universal (15,15,1) code of rate 1. 

This third line 402C of each of the 39 Mbps parallel 
divisions is not subjected to an error correction/coding 
operation where redundant check bits are added. In 
stead, the 15 Mbps data is sent directly to the OPSK 
mapper 404. 
The 3 bits in each column of the array specify one of 

the points in the OPSK signal space of FIG. 3. The set 
of points in the OPSK signal space is partitioned into 
two subsets: subset 0 and subset 1. The encoder/mapper 
selects an element in subset 0 if the corresponding bit in 
the ?rst row of the array is a 0. Otherwise, a column of 
the array is mapped into one of the elements in subset 1. 
Partitions of the OPSK geometry are also shown in 
FIG. 3. Subsets 0 and 1 are QPSK signal points, having 
the least signi?cant bits 0 and 1, respectively (the least 
signi?cant bits are the encoded bits in the third row of 
the array). Similarly, subsets 00, 01, 10, 11 are antipodal 
signal points having 00, 01, 10, or 11 as mid- and least 
signi?cant bits in the OPSK signal constellation. 
Mapper 404 receives the 15 Mbps outputs from en 

coders 402A and 402B. and on line 402C. The mapper 
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404 takes the input information and maps it onto a par 
ticular channel symbol which is then used to control 
modulation of a carrier, as is well known. According to 
the preferred embodiment, octal phase shift keying 
(OPSK) is used. Thus, each mapper 104 outputs 15 
Msymbol/s. A parallel-to-serial converter 405 receives 
each of the 15 Msymbol/ s and combines these into serial 
form, resulting in a 60 Msymbol/s data stream capable 
of being transmitted over the transmission channel. 
At the receive end of the transmission channel, the 60 

Msymbol/s signal is received by a decoder/demodula 
tor as shown in FIG. 5. Speci?cally, a serial-to-parallel 
converter 501 receives the received signal and converts 
the serial signal into 4 groups of parallel symbols, each 
group having 15 Msymbol/s. 
Decoding is performed in 3 stages. In the ?rst stage, 

it is assumed that the second and third row of the array 
are uncoded information bits. In this case, estimates for 
the information bits in the ?rst row of the array can be 
obtained by feeding the symbol metrics to the input of a 
Viterbi decoder 502 for the code used in the ?rst row of 
the array. _ 

Estimates for the information bits in the second row 
of the array are obtained by performing single parity 
check decoding on a set of new symbol metrics. The 
new set of symbol metrics is computed by assuming that 
the output of the ?rst decoding stage was correct. For 
decoding the third row of the array, a set of new metrics 
is computed, by again assuming that the decisions made 
in the previous decoding stages were correct. The po 
larity of the new metrics determines the new informa 
tion bits in the third row of the array, since the informa 
tion bits in this row are not coded. 
The above multi-stage method is a sub-optimum de 

coding procedure and it allows reduction in the number 
of required quantization bits. Methods for computing 
the symbol metrics in various decoding stages are pres 
ented in a later section of this disclosure. 
When implemented in hardware, the Viterbi decoder 

502 in the ?rst decoding stage must operate at 60 MHz. 
Hardware implementation of a 64-state code operating 
at 60 MHz is currently a technology challenge. How 
ever, the considered codec can be readily implemented 
for operation at the desired speed by demultiplexing the 
156 Mbps serial information bit stream into a plurality of 
parallel sequences. For purposes of illustration, the data 
sequence is demultiplexed into four parallel bit streams 
(39 Mbps each), and a separate encoder arrangement is 
used for the component sequences as indicated in FIGS. 
4 and 5. The block diagrams of FIGS. 4 and 5, in addi 
tion to the convolutional and parity check encoders 
(i.e., 402A and 402B) and OPSK signal mapper 404, 
include circuitry for serial-to-parallel (i.e., 401) and 
parallel-to-serial (405) conversion, as well as high speed 
buffers (505) and bit rate converters (401 and 405). The 
multiplexer/demultiplexer operations are performed so 
that the structure of the 155.52 Mbps information se 
quence remains unchanged. 

In the FIG. 5 block diagram of the decoder/demulti 
plexer, the received sequence of channel symbols is 
serial-to-parallel converted by element 501 and after 
metric calculation, is fed to four separate Viterbi decod 
ers 502. Decoders for the K=7 code are available on a 
single chip and can operate at information rates up to 25 
MHz. Other circuitry for implementation of the de 
coder of FIG. 5 includes serial-to-parallel and parallel 
to-serial converters 501 and 504 symbol rate converters 
(501 and 504), high speed buffers 505 and parity check 
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8 
decoders 503A and 503B, ?nally, control and synchro 
nization circuits. The control and synchronization cir 
cuits are described in a publication entitled “A B-ISDN 
Compatible Modem/Codec” by F. Hemmati and S. 
Miller. (The above disclosure was presented at the Sec 
ond Annual NASA Space Communications Technol 
ogy Conference, Nov. 12-14, 1991, Cleveland, Ohio). 
The main advantage of the selected code and this imple 
mentation approach is the simplicity of implementation 
of the decoder because of the availability of the high 
speed single chip Viterbi decoders. 

In FIG. 5, decoders 503A and 503B perform the 
complementary operation to encoders 402A and 402B, 
respectively. The decoded sequences of 15, 14, and 10 
Mbps are then combined into a 39 Mbps sequence for 
each of the four parallel branches in FIG. 5. Then, 
parallel-to-serial converter 504 receives the four se 
quences of 39 Mbps each and combines the four into a 
single 156 Mbps sequence, which approximates the 156 
Mbps sequence originally input to the serial-to-parallel 
converter 401 of the encoder/multiplexer of FIG. 4. 
Encoder and decoder con?gurations shown in FIGS. 

4 and 5 require accurate synchronization for the S/P 
demultiplexers at the transmit and receive end in addi 
tion to phase ambiguity resolution for the OPSK chan 
nel symbols. The desired synchronization can be 
achieved by either using a self-synchronization scheme, 
or by unique words periodically inserted into the 155.52 
Mbps information sequence. 

In the self-synchronization method, the outputs of the 
component decoders are re-encoded and correlated 
with the received sequence of channel symbols. The 
codec is in synchronization status if a good correlation 
between the received sequence and the re-encoded 
sequence is observed. Otherwise, the receiver skips one 
symbol and repeats the synchronization check cycle 
until synchronization is obtained. Because of the high 
rate of the code, the startup delay and traceback delay 
of the decoder, and the required correlation time for 
synchronization veri?cation, the resynchronization 
delay of the decoder can be as large as the time duration 
for receiving 10,000 channel symbols or about 0.2 ms, 
which might be acceptable for continuous mode opera 
tion if the cycle skipping rate is not too high. 

Synchronization and phase ambiguity resolution by 
using a unique word provides a fast synchronization and 
allows the codec/modem to be used for operation in 
continuous mode (TDM) or burst mode (TDMA). At a 
channel symbol rate of 60 Msymbol/s a code of rate 
13/15 can support 156 Mbps, which is 0.48 Mbps higher 
than the nominal B-ISDN bit rate. This additional 0.48 
Mbps can be conveniently used for synchronization 
purposes. In the proposed system, the codec/modem 
still accepts the continuous 155.52 Mbps SONET bit 
stream as its direct input. The unique word, used by the 
codec/ modem system for synchronization purposes, 
can be generated periodically and multiplexed in with 
the encoded SONET bit stream. The decoder can then 
remove the unique Word, as it recreates the decoded 
serial 155.52 Mbps data, at its output. 

Metric Computation 
The Viterbi decoder chip, considered for use in the 

156 Mbps decoder, works with 3 bit soft detected chan 
nel symbols. Computer simulations and hardware im 
plementation of the OPSK modulation coded at rates 
7/9 and 8/9, indicate that the received OPSK channel 
symbols should be quantized to at least 5 bits, so that the 
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degradations in the bit error rate performance become 
negligible compared with the BER performance of a 
codec using unquantized channel symbols. This section 
presents a procedure for branch metric computation, 
which is suitable for the Viterbi decoder chip, and its 
BER performance is within a few tenths of a dB of the 
BER performance with in?nite levels of quantization. 

Unquantized Case 
Symbol metric is an indicator of reliability of a re 

ceived channel symbol, R=(x,y), where x and y are 
unquantized quadrature components of R. The opti 
mum symbol metric is the minimum Euclidean distance 
between R and elements in the subsets 0 and 1 of FIG. 
6. Over an Additive White Gaussian Noise (AWGN) 
channel, computation of symbol metrics by using the 
minimum Euclidean distance can be reduced to compu 
tation of the largest correlation between the received 
symbol and the OPSK signal points. 

Correlations of a received channel symbol R, falling 
in region I of FIG. 6, with its nearest signal points, 
a0=(a,b) and a7=(a,—b), are 

and, 

R-a7=a-x—b-y, (2) 

where, the coordinates of the OPSK signal points are 
a=cos 22.5=0.9238, and b=sin 22.5=0.3826, with a 
normalized envelope of 1. The computed symbol met 
rics can be reduced to y and —y by deleting the com 
mon term a-x in both of the above equations and divid 
ing by b. It can be seen from FIG. 6 that y is the pro 
jected distance of R from the middle of the line connect 
ing aoand 117. Similarly, it can be shown that the symbol 
metrics are x and —x if R=(x,y) falls in region III of 
FIG. 6. Metrics for symbols falling in region II of FIG. 
6 can be obtained in a similar manner by rotating the 
signal space by 45 degrees. Metrics for received channel 
symbols in other regions of FIG. 6 are computed in a 
similar manner by using symmetries in FIG. 6. There 
fore, over a Gaussian channel, the optimum symbol 
metric is the projected distance of the received point R 
from the middle of the line connecting its nearest signal 
points. Using the geometry of FIG. 6, it can readily be 
shown that for a received R, the symbol metric for the 
?rst decoding stage is 

],if Ix] > lyl 

otherwise, 

where p: +1 if R falls in the ?rst or third quadrants 
and p= —1 if R falls in the second or fourth quadrants. 
It is assumed, in Equations (3) and (4), that the symbol 
metric is positive if R is close to subset 0 and negative, 
otherwise. - 

The sequence of estimates for information bits in the 
?rst row are re-encoded and stored in a buffer. A re 

(3) 
lxl — [y] 

(4) 
Ix] — lyl 
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10 
encoded symbol 0 (1) indicates that the corresponding 
received channel symbol, R, belongs to subset 0 (1). For 
a considered R=(x,y), let the reencoded symbol be 
01 =0. Then, the symbol metric for the second decoding 
stage, m2, is the projected distance of R from the middle 
of the line connecting the two closest points to R in 
subset 0, as indicated in FIG. 7. Using the geometry of 
FIG. 7, and some calculus, it can be shown that 

and where, 

4 

4 
The sequence of estimates for information bits in the 

second row of the array are re-encoded and stored in a 
buffer. For a given received symbol R, let the re 
encoded symbol be c2. Then, the corresponding esti 
mate for the re-encodedybit in the ?rst and second row 
of the array, 01 and 02, indicates that R belongs to the 
subset 0102. FIG. 8 shows the con?guration of the se 
lected subset when c1c2=OO. The symbol metric for the 
third decoding step, m3, is the projected distance of R 
from the middle of the line connecting the two BPSK 
points in this subset. 

+1 ifcl =0 

-l ifcl =1 

and 

— 1, Otherwise 

where (u,v) are coordinates for one of the signal points 
in subset c102. The variables u and v are ia or 1b, 
represent one of the four points in the upper half plane 
in the OPSK signal space, and can be computed by 
using a table-look-up. Estimates for information bits in 
the third row of the array are the “sign bit” of mg, i.e., 
c3 =0 if m3 > 0, and c3 =1, otherwise. 
The symbol metrics m2 and 1113, given in Equations (5) 

and (6), are independent of ml, the symbol metric for 
the Viterbi decoder, and can be computed by using any 
desired number of quantization levels. 

Quantized Case 
Algorithms for computing the optimum spacing be 

tween quantization levels in a coded modulation system 
have been formulated by Massey (J. L. Massey, “Cod 
ing and Modulation in Digital Communications”, Proc. 
Int. Zurich Seminar Digital Communication, Zurich, 
Switzerland, 1974.). The optimum quantization levels, 
given in Massey’s publication, depend on the Eb/NQ and 
maximize the computational cutoff rate, R0. Analysis 
and hardware measurements for optimum spacing be 
tween quantization levels, in a uniform quantizer, for 
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codes of rate 1 and 1% are reported by Y. Yasuda, et a1, 
“Optimum Soft Decision for Viterbi Decoding”, Proc. 
Fifth Int. Conf. Digital Satellite Communication, 
Genoa, Italy, March 1981, pp. 251-258. The theoretical 
results of Massey and the experimental results of Ya- 5 
suda, et al. indicate that in the unreliable regions, i.e., at 
low SNR, a larger spacing between quantization levels 
is required than in the reliable regions, i.e., at high SNR. 

Instead of attempting to devise an optimum scheme, 
two different nonlinear quantization methods are exam 
ined. The ?rst method consists of the quasi-uniform 
quantizers depicted in FIGS. 9 and 10, followed by a 
non-linear compression method for representing the 
channel symbols by 3 bits. The second quantization 
method, presented in the next section, uses properties of 15 
the OPSK signal constellation to reduce the required 
number of quantization levels. 

10 

The Quantization/Nonlinear Compression Method 
Before considering the symbol metric compression 20 

scheme, properties of the quantizers shown in FIGS. 9 
and 10 are identi?ed when using Equation 3 or 4. Nota 
tions used in the previous section are conveniently capi 
talized for representing the quantized values, e.g., M1 
denotes the quantized value of m1. 
Regarding the absolute value of M1, it can be seen 

from Equations 3 and 4 that either, 

25 

lMll = Sq(2) 35 

where Sq (2) denotes the quantized value for V2. Table 
1 shows the quantized values for I |x| — |y| |/\/2 used 
in the computer simulations. 

TABLE 1 4° 

Quantized Value of I 1X|-|Y| 1/\H 
HXI-Iyll 012345678910111213 

45 

1|X| _ |y|] 161718 19 20212223 242526272829 

|1x|-[y]|/\H 1112131314151516171818192020 50 

Let estimates for quadrature components of the re 
ceived channel symbol, x and y, generated at the output 
of the OPSK demodulator, be quantized by a 32-level 
(5-bit) quantizer with a normalized top quantization 
level of T4: 1.2, as shown in FIG. 9. Variations in T4 
correspond to variations in the AGC levels and its ef 
fects on the BER performance of the code are investi 
gated later in this section. 

It can be readily veri?ed, by exhaustive search, that 
in the range of all possible received channel symbols 

55 

Also, 65 

12 
if the 64 level (6 bit) quantization of FIG. 10 is used. It 
is evident from Equations (7) and (8) that M1 can be 
represented by 4 or 5 bits while the quadrature compo 
nents of the received channel symbol are represented by 
5 or 6 bits, respectively. This reduction in the required 
number of quantization levels is possible because of the 
preprocessing made in Equations (3) or (4). 
The symbol metric, M1, must be compressed to 3 bits, 

from 4 or 5 bits, by using an appropriate metric com 
pression scheme. The optimum compression method 
yields the best BER performance. The considered can 
didate compression schemes use the nonlinear compres 
sion methods of Table 2 or Table 3 when using the 
quantizers of FIGS. 9 or 10. 

TABLE2 

ANonlinear 
Compression Method whenO é |M1§6 

[M1] 0 l 2 3 4 5 6 

Compressed 0 l 2 2 3 3 3 
Value of [M1] 

TABLE 3 
ANonlinear ' 

Compression Method whenO é 1M[ 5 l3 
|M1[ 012345678910111213 

Compressed 0011122223 3 3 3 3 
Value of |M1| 

Extensive computer simulations indicate that the 64 
level quantization scheme of FIG. 10 along with the 
nonlinear compression method of Table 3 outperforms 
the other candidate quantization/ compression schemes. 

Quantization by Symbol Rotation 
Another method for computing the symbol metrics is 

to remove the OPSK modulation from the received 
channel symbols. _Let (p,¢) be the polar representation 
of the eight signal points in the OPSK signal space 
where, p=l and ¢=i><1r/8, i=1,3,5, . . . ,15. The non 
linear transformation pej4¢ maps elements in the subset 0 
of FIG. 11 to D0 and maps elements in subset 1 to D1. 
Indeed, this mapping rotates the OPSK signal points 
around a circle of radius one. The image point D0 and 
D1 can be considered as signal points in a BPSK modu 
lation. Therefore, metrics for the ?rst decoding stage 
can be readily computed by applying the nonlinear 
transformation peril‘!> to the received channel symbols 
and calculating metrics in a BPSK signal space. 
The nonlinear transformation improves quantization 

accuracy because it removes the OPSK modulation 
from the received channel symbols and a three bit soft 
quantization provides suf?cient resolution for distin 
guishing between the obtained BPSK signal points. 

Expected Bit Error Rate Performance 

The BER performance of the OPSK coded modula 
tion of rate 13/15 for transmission of 156 Mbps, was 
evaluated by computer simulations. The 64 level quan 
tizer of FIG. 10 in conjunction with the compression 
method of Table 3 were used. Over an AWGN channel 
and at a BER of 10"5 the BER performance of this 
scheme is within 0.2 dB of the performance of the coded 
system using unquantized channel symbols. 

Bit error rate performance results over an AWGN 
channel and a typical INTELSAT V nonlinear channel 
are shown in FIG. 12. FIG. 12 relates to a 64-state 
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multi-stage code of rate 13/15. Further, FIG. 12 con 
cerns ideal group delay equalized ?lters and earth sta 
tion HPA and satellite TWTA at 10 and 2 dB Input 
Back-Off (IBO), respectively. In FIG. 12, the numeral 1 
concerns an AWGN channel. Numeral 2 relates to a 
single nonlinear satellite channel. Numeral 3 relates to a 
single channel and one CCI (co-channel interference) at 
18.5 dB. Numeral 4 relates to a nonlinear channel and 2 
ACI and one CCI (co-channel interference) at 18.5 dB. 
Further, FIG. 12 concerns 6 bit symbol metrics (dotted 
lines) and symbol metrics compressed to 3 bits (solid 
lines). The system environment and performance pa 
rameters considered in the computer simulations are 
summarized in Table 4. 

TABLE 4 
Summary of System Variables and 

Assumptions Used in the Computer Simulations 

Number of Samples per Symbol 16 
HPA Input Backoff, dB l0 
Satellite TWI‘A Input Backoff, dB 2 
Cochannel Interference Level, dB 18.5 
Separation Between Adjacent Channels, MHz 80 
Roll-Off Factor for Square-Root 40% 
Nyquist Modem Filters 
Ideally Group Delay Equalized Filters 
Perfect Symbol Phase and Symbol Timing 

For the AWGN channel, a coding gain of 1.2 dB over 
uncoded QPSK is observed at a BER of 10-5. An effec 
tive coding gain of about 2.5 dB is expected at a BER of 
10-8 which can be obtained by extrapolating the BER 
performance curve of FIG. 12. The 1.08 dB discrep 
ancy between the 3.58 dB asymptotic coding gain for 
this code, and the effective coding gain of 2.5 dB, is due 
to the adversary path multiplicity in the K=7 punc 
tured convolutional code of rate é, sub-optimum multi 
stage decoding (instead of maximum likelihood decod 
ing), and the three bit soft-decision quantization (instead 
of in?nite number of quantization levels). 
At a BER of 10-4 performance of the single nonlin 

ear satellite channel degrades by about 1.5 dB relative 
to the performance of the AWGN channel, which is 
due to the link nonlinearities and 181. The BER perfor 
mance degrades by an additional 1 dB with one entry of 
CCI at a power level of 18.5 dB with respect to the 
desired channel. The two 60 Msymbol/s adjacent chan 
nels located at +80 MHz and — 80 MHz, relative to the 
center frequency of the desired channel, degrade the 
BER performance by an additional 0.3 dB. 
The BER performance results shown in FIG. 12 are 

obtained by assuming that the group delay distortion of 
the modem ?lters and satellite multiplexing ?lters are 
ideally equalized. In a real channel, phase noise caused 
by the carrier oscillator, link nonlinearities, and group 
delay distortion of ?lters degrade the system perfor 
mance. At a BER of 10-4, the degradations due to the 
unequalized group delay distortion can be as much as 
0.8 dB. Fortunately, over the real satellite channel, 
degradations due to phase noise resulting from the 
above-mentioned sources is not as severe. At a channel 
symbol rate of 60 Msymbol/s, over a usable bandwidth 
of 72 MHZ, group delay distortion of the ?lters can be 
perfectly equalized. 

Variable Rate Feature of the Decoder: 

The codec designed for transmission of 156 Mbps can 
also be used in the fallback mode yielding a higher 
coding gain. For example, the inherent ?exibility of the 
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14 
punctured codes allows the same codec to be used for 
transmission of 140 Mbps. 
A coded OPSK modulation system of rate 7/9 can 

support transmission of 140 Mbps at a channel symbol 
rate of 60 Msymbols/s, and can be implemented by 
modifying the 156 Mbps codec in the following manner. 
The punctured code of rate § is replaced by a code of 
rate 6/15 =2/5. A code of rate 2/ 5 can be obtained from 
the original constraint length 7 convolutional code of 
rate % by simply repeating twice one of the rate % en 
coder output bits at every other encoding step. For 
simplicity of hardware implementation, n= 15 is consid 
ered for the block length of the parity check codec in 
the second stage of the codec. 
The free distance of the original code of rate 3 is 10 

and the free distance for the time-varying code of rate 
2/ 5 is 11. The minimum squared Euclidean distance of 
the 140 Mbps coded OPSK system is 

d2m=min(0.585-ll, 2.0-2, 4.0-1)=4.o (9) 

where 0.585, 2, and 4 are minimum squared Euclidean 
distance between OPSK, QPSK, and BPSK signal 
points. It can be seen from Equation (9) that dm2 is 
dominated by two times the minimum Euclidean dis 
tance among QPSK symbols or the squared distance 
between the BPSK signal points. Therefore, this code 
affords an asymptotic coding gain of 3.6 dB over the 
uncoded QPSK. 
Another way of generating a code of rate 2/5 is to 

puncture an original code of rate 5. This approach is 
preferred when high speed decoders for rate }, codes 
with code puncturing capability are available. 
The BER performance of the coded modulation sys 

tems of rate 7/9, constructed by the above procedures, 
were examined by computer simulations. The symbol 
metrics are computed by using the 64 level quantizer of 
FIG. 10 and the nonlinear compression method of 
Table 3. However, since the Viterbi chip accepts at 
most two channel symbols at each decoding step, (for 
rate % decoding), the metrics of the twice repeated sym 
bols are averaged before being fed into the decoder 
chip. 
FIG. 13 shows the computer simulation results ob 

tained for the OPSK code of rate 7/9. The solid line in 
FIG. 13 relates to a “new code” having a rate R=7/9. 
The dotted line relates to .time varying trellis code of 
rate R=7/9. The chained line relates to a rate of 
R: 13/15 code. At high SNR, the BER performance of 
this code is dominated by the performance of the parity 
check decoder in the second decoding state since d2", 
equals two times the minimum distance among QPSK 
signal points or the squared distance between BPSK 
symbols. The BER curves representing the perfor 
mance of the 140 Mbps time varying trellis code of rate 
7/ 9, (F. Hemmati and R. Fang, “Low Complexity Cod 
ing Methods for High-Data-Rate Channels”, Comsat 
Technical Review, Vol. 16, N0. 2, Fall 1986, pp. 
425-447), and the 156 Mbps decoder are also shown in 
this ?gure. With a signi?cantly less complex decoder, 
the new codes outperform the time varying trellis code 
of rate 7/9. 
What is claimed is: 
1. A digital information transmission apparatus com 

prising: 
?rst conversion means for converting a serial input 

data stream of bit rate 156 Mbps into four parallel 
data streams of 39 Mbps each; 
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encoder means for separately encoding each of the encoder means fol‘ Separately encoding each of the 
four parallel data streams, each said encoder means four parallel data Streams; _ 
including ?rst code_fo - g means for forming a means for combining outputs from sa1d encoder 

means for generating Octal Phase Shift Keying 
code involving 15 output bits for each 10 input bits, 5 (OPSK) channel Symb 019 and 
second code'forming means for forming a code second conversion means for converting said channel 
involving 15 output bits for each 14 input bits, and symbols into a single channel symbol serial data 
third code-forming means for forming a code in- stream for transmission to a receiver. 
volving 15 Output bits for each 15 input bits; 3. A digital information transmission apparatus com 

means for combining to combined outputs from said 10 pnsmg: . . . . 
_ ?rst conversion means for converting a serial input 

encoder means for generatmg channel symbols; data stream of bit rate 156 Mbps into four parallel 
and data streams of 39 Mbps each; 

second conversion means for converting said channel encoder means for separately encoding each of the 
symbols into a single channel symbol serial data 15 four parallel data Streams; 

means for combining outputs from said encoder 
means for generating channel symbols; and 

second conversion means for converting said channel 

stream for transmission to a receiver. 

2. A digital information transmission apparatus com 

pnsmg: , _ _ . symbols into a single channel symbol serial data 
?rst converslon means for convemng a senal Input 20 stream having a rate of 60 Msymbol/s for transmis 

data stream of bit rate 156 Mbps into four parallel Sion to a receiver_ 
data streams of 39 Mbps each; * * * * * 
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